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Abstract

This research work surveys cutting-edge language translation technologies, including multi-lingual,
real-time translation, voice recognition, speech-to-text conversion, and transcription in the hearing
process. The study explores the complex mechanisms behind voice call language translation, focusing
on sophisticated machine learning models integrated with cloud-based or local applications to facilitate
seamless communication across language barriers. Furthermore, conducting research in live
communication analyzes the complexity of text and voice techniques to deliver translated content in
timely written and audio formats. Through a comprehensive analysis of current developments,
challenges, and future possibilities, this study is analytically valuable to researchers, practitioners, and
enthusiasts. Significant advances in natural language processing and machine learning have been
shown, and by including advanced methods with deep learning and neural networks, along with
strengthening learning, the research aims to stimulate innovation and further development in this
dynamic field.

Keywords: Language translation, deep learning, machine learning models, natural language
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INTRODUCTION

In a world where global communication is the cornerstone of progress and collaboration, the ability
to seamlessly bridge language barriers in real-time interactions has emerged as a critical need. The
fusion of Artificial Intelligence (Al) and Machine Learning (ML) technologies has revolutionized the
landscape of live call translation, offering a transformative solution to enable fluid multilingual
conversations across diverse contexts. This study delves into the realm of live call translation, exploring
the innovative applications of Al and ML in breaking down linguistic barriers and fostering cross-
cultural communication.
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The constructive collaboration between Al and
ML has catalyzed the development of sophisticated
speech-to-speech translation systems, heralding a
new era where language diversity no longer
impedes effective communication. By leveraging
advanced neural networks, natural language
processing algorithms, and state-of-the-art speech
recognition techniques, researchers and
technologists are pushing the boundaries of what is
achievable in real-time translation scenarios.

Through a comprehensive analysis of existing
research, methodologies, and technological
advancements, this study aims to unravel the
intricacies of live call translation using Al and ML

© STM Journals 2024. All Rights Reserved

13



Survey Paper on Multilingual Live Call Translation Using Deep Learning Tyagi et al.

technologies. From addressing the challenges of translating oral languages to exploring the nuances of
accuracy and reliability in live call translations, this research endeavors to shed light on the potential
and limitations of Al-driven language solutions in fostering global connectivity and understanding. This
introduction succinctly introduces the research topic, emphasizes the role of Al and ML in live call
translation, and sets the stage for exploring the complexities and potentials of leveraging technology to
enhance cross-language communication.

BACKGROUND

The advancement of human civilization has always been accompanied by the challenge of bridging
linguistic barriers. Traditional methods of translation, reliant on human interpreters or written
translations, have struggled to keep pace with the demands of real-time communication in our
interconnected world. However, recent strides in artificial intelligence, machine learning, and natural
language processing have revolutionized the field of translation, particularly with the emergence of real-
time translation technologies.

Live call translation systems represent a significant breakthrough, offering instantaneous
interpretation of spoken language. Powered by sophisticated algorithms and neural networks, these
systems decode speech in real-time, enabling seamless communication across linguistic boundaries.
This innovation not only enhances cross-cultural dialogue but also promotes inclusivity and
accessibility by breaking down language barriers on the fly.

Despite their transformative potential, implementing live call translations presents challenges such
as ensuring accuracy across languages and managing technical complexities like latency and data
security. Nonetheless, the benefits of these systems are manifold, particularly in domains such as
business, healthcare, and education, where effective communication is paramount.

This study explores the implementation of live call translations, examining the methodologies,
technologies, and challenges involved. By shedding light on the intricacies of real-time translation
technology, this study aims to deepen our understanding of its applications and implications in our
increasingly globalized world. Through practical insights and analysis, we seek to highlight the
transformative impact of live call translations on cross-cultural communication dynamics and global
interconnectedness.

LITERATURE REVIEW

The practice of live subtitling, commonly referred to as "respeaking”, constitutes a dynamic
methodology employed in live call translations. Within this approach, translators undertake the real-
time conversion of spoken language into written text to facilitate immediate translation for live
broadcasts [1]. This technique is particularly prevalent in scenarios characterized by rapid speech
delivery and the need for instantaneous translation, such as sporting events or news broadcasts. The
utilization of translation memories represents another essential technique in live call translations.
Translation memories are databases that store previously translated texts, serving as repositories of
linguistic knowledge and reference materials.

The process of live subtitling involves several key steps to ensure accurate and timely translation.
First, skilled interpreters, known as respeakers, listen to the spoken dialogue and repeat it into a
specialized speech recognition software, often utilizing voice recognition technology or stenographic
keyboards [2]. The software then transcribes the spoken words into written text in real-time, generating
subtitles that are displayed alongside the live broadcast feed. Live subtitling finds application in a
diverse range of contexts beyond sporting events and news broadcasts. It is commonly utilized in live
television programs, conferences, lectures, and public speeches to enhance accessibility for viewers
with hearing impairments or language barriers. Furthermore, live subtitling enables international
audiences to access content in their native languages, fostering inclusivity and cross-cultural
communication in a globalized world.
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One notable feature of live subtitling is its ability to accommodate the nuances of live speech,
including variations in tempo, accents, and speech patterns. Respeakers must possess an elevated level
of proficiency in both the source and target languages to accurately capture the meaning and intent of
the spoken dialogue [3]. Additionally, they may employ techniques such as paraphrasing or
summarization to convey complex ideas concisely within the constraints of real-time translation.
Despite its effectiveness, live subtitling is not without its challenges. The rapid pace of live broadcasts
necessitates quick decision-making and the ability to adapt to unforeseen circumstances, placing
considerable pressure on respeakers. Moreover, the accuracy of live subtitling may be affected by
environmental factors such as background noise or poor audio quality, leading to potential errors in
transcription. Additionally, the reliance on speech recognition technology introduces the risk of
mistranslations or misinterpretations, particularly for languages with complex phonetic structures or
dialectical variations.

In practice, translation memories play a crucial role in streamlining the translation process and
enhancing both the speed and accuracy of live translations. When translators encounter segments of text
that have been previously translated and stored in the database, the translation memory system
automatically retrieves and suggests the corresponding translation. This functionality not only
accelerates the translation process by eliminating the need for redundant translation efforts but also
ensures consistency in terminology and style across different translations [4]. Moreover, translation
memories can be customized and tailored to specific projects or domains, allowing translators to
leverage domain-specific terminology and pre-approved translations. This ensures that translations
align with the linguistic and stylistic preferences of the target audience, thereby improving the overall
guality and readability of the translated content.

Despite their numerous benefits, translation memories are not without limitations. One common
challenge is the need for continuous maintenance and updating to ensure the relevance and accuracy of
stored translations over time. Additionally, translation memories may not always provide suitable
matches for every segment of text, particularly in the case of highly specialized or context-dependent
content. In such scenarios, translators may need to rely on their linguistic expertise and judgment to
produce accurate and contextually appropriate translations [5].

In contemporary research, the Simultaneous Speech Translation (SimulST) model has emerged as a
focal point for its pioneering approach to commencing translation before the entirety of the audio input
becomes available. This entails making decisions at each time regarding whether to process the
latest information or utilize existing data. Within this framework, decision policies play a crucial role,
with fixed strategies like the wait-k policy gaining traction due to their simplicity and efficacy [6].
The SimulST architecture operates on a direct model, featuring both an audio encoder and a text
decoder. This configuration affords the advantage of lower latency compared to cascade systems, which
involve separate speech recognition and translation stages. Particularly noteworthy is the adaptation of
SimulST systems for live subtitling applications, where they incorporate human-driven subtitle
segmentation decisions. Experimentation with various display modes, such as word-for-word, blocks,
and scrolling lines, aims to optimize reading speed, delay, and subtitle quality. Examining the literature
reveals intricate details regarding the training settings of SimulST models. These settings typically
involve transformer-based architectures with specific configurations for encoder and decoder layers.
During training, the models are optimized using cross-entropy loss and the Adam optimizer.
Additionally, a pre-decision module is employed to determine READ/WRITE actions based on token-
level information.

Despite the advancements made in SimulST technology, certain gaps and drawbacks persist. One
notable limitation is the inherent complexity of decision-making in real-time translation scenarios,
which can lead to errors or suboptimal performance. Furthermore, the effectiveness of fixed decision
policies like the wait-k strategy may diminish in contexts with variable input characteristics or language
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patterns. Additionally, the reliance on token-level information for pre-decision making may overlook
broader contextual cues, potentially resulting in inaccuracies or inconsistencies in translation output.
These challenges underscore the need for further research to address the limitations of SimulST models
and enhance their robustness and adaptability in diverse real-world settings. The MeetDot system is a
sophisticated videoconferencing platform developed to enhance communication among multilingual
participants by providing live translation captions in English, Chinese, Spanish, and Portuguese. It
integrates automatic speech recognition (ASR) and machine translation (MT) technologies in a cascade
to deliver real-time translations with features like smooth scrolling captions and a word-guessing game
for evaluation. The system architecture includes a frontend for users and a backend with ASR and MT
modules, allowing flexibility in service integration. MeetDot focuses on optimizing key metrics such
as accuracy, latency, and caption stability, offering an innovative cross-lingual word-guessing game for
performance evaluation. The system's modular design enables the use of different ASR and MT
services, enhancing its adaptability and performance. Additionally, the system implements strategies to
reduce caption flicker and enhance user experience, such as biased decoding during MT, smooth
scrolling captions, and preserving line breaks to prevent words from jumping back and forth. The
system's evaluation includes intrinsic metrics like accuracy, latency, and erasure, along with an extrinsic
evaluation through a cross-lingual word-guessing game. The MeetDot system is planned to be released
as open-source software to support further research in this area [7].

Neural Machine Translation (NMT) is a potent tool for achieving precise translation, with ongoing
research focusing on its adaptation for real-time language conversion during phone calls, promising
more accurate and natural-sounding interpretations. This approach harnesses neural networks to
comprehend intricate language structures and generate translations, with studies exploring various
architectures and training methods to enhance accuracy and speed. Efforts are also directed towards
developing multilingual NMT models capable of handling multiple languages simultaneously,
necessitating innovative techniques for cross-language information sharing. However, integrating NMT
for real-time processing during calls presents unique challenges, prompting investigations into model
optimization and efficient inference methods. Despite being a work in progress, multilingual NMT
models demonstrate potential in simultaneous language translation. With continued advancement, NMT
holds the potential to revolutionize communication by enabling seamless real-time translations during
phone conversations, facilitating effective cross-linguistic interaction [8].

Context-aware translation models represent an innovative approach that holds immense promise for
enhancing the accuracy and naturalness of translations in real-time communication scenarios. These
models leverage advanced techniques such as neural machine translation with attention mechanisms to
adjust translation output based on contextual information dynamically [9]. By incorporating contextual
cues such as the surrounding dialogue, speaker intent, and topic continuity, context-aware translation
models can generate translations that are linguistically accurate but contextually appropriate. Research
in this area has demonstrated significant advancements in improving translation quality by ensuring that
translations remain aligned with the evolving conversation. Studies have explored various strategies for
integrating contextual information into translation models, including the use of context vectors,
dynamic attention mechanisms, and context-aware decoding algorithms. Moreover, research efforts
have focused on developing robust evaluation metrics to assess the performance of context-aware
translation models in real-world settings [9]. Overall, the growing body of research on context-aware
translation models underscores their potential to revolutionize live call translations by enabling
translators to produce more accurate, natural, and contextually relevant translations in real-time
communication scenarios.

Consecutive interpretation offers a deliberate approach for context aware translation, allowing
translators to meticulously process and analyze the source content before delivering the translation in
the target language [9]. While this method may slow down the pace of conversation, it enables
translators to ensure accuracy and clarity in their translations. By listening to segments of the source
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speech and then delivering the translation, translators can consider contextual nuances and convey
the intended meaning accurately. Consecutive interpretation is particularly effective in situations where
the content is complex or nuanced, as it allows translators to provide accurate and contextually
appropriate translations.

Speaker diarization is a pivotal technique in the domain of live call translations, offering a systematic
approach to segmenting and identifying speakers within a conversation or audio recording. This
methodology has garnered significant attention in literature due to its instrumental role in enhancing the
accuracy and contextual relevance of translated content [10]. In the context of live call translations,
speaker diarization systems are employed to automatically partition spoken discourse into distinct
segments corresponding to individual speakers, thereby facilitating more precise and contextually
relevant translations [10]. Research in speaker diarization has highlighted its importance in addressing
challenges associated with multi-speaker scenarios, such as group discussions, conference calls, or
interviews. Studies have explored various approaches to speaker diarization, including clustering
techniques, deep learning models, and hybrid systems combining both statistical and neural network-
based methodologies. These approaches aim to accurately identify speakers and segment their speech,
enabling translators to attribute dialogue to specific speakers and tailor translations accordingly.

Moreover, the integration of speaker diarization into live call translation systems has demonstrated
notable improvements in translation accuracy and coherence. By providing translators with a clear
delineation of speakers and their respective speech segments, speaker diarization enhances the
ability to capture speaker-specific nuances, intonations, and speech patterns, thus facilitating more
nuanced and contextually appropriate translations [10]. Furthermore, the literature underscores the
versatility of speaker diarization beyond traditional applications, with studies exploring its potential in
specialized domains such as call center analytics, forensic analysis, and speech recognition. These
investigations highlight the robustness and adaptability of speaker diarization techniques across diverse
domains and underscore their broader implications for advancing research in speech processing and
human-computer interaction.

Automatic evaluation metrics are commonly used to assess the quality of machine translation and
speech recognition systems employed in live call translation. While automatic metrics provide
guantitative evaluations, human evaluation is crucial for assessing the quality, naturalness, and
adequacy of live call translations. Techniques like fluency/adequacy scoring, ranking translations, error
annotation, and post-editing are commonly used for human evaluation [11, 12]. Human evaluation helps
capture aspects like context, pragmatics, and cultural nuances that automatic metrics may miss.

Brown et al. highlight the multifaceted nature of the challenges like facilitating seamless exchange
of information across linguistic barriers, ensuring accurate and reliable translation during live calls,
encompassing linguistic nuances, cultural contexts, and technical constraints [13]. They emphasize the
importance of translation accuracy, fluency, and cultural sensitivity in maintaining effective
communication. Hazelwood et al. further delve into the technical constraints, such as latency and
bandwidth limitations, which can impact translation quality [14]. Advancements in hardware and
networking infrastructure that contribute to addressing these technical challenges.

To optimize translation quality, researchers have explored various strategies and technologies. Gracia
et al. analyzed automated quality assessment algorithms for real-time monitoring [15], while Ribeiro et
al. advocate for human-in-the-loop approaches for error correction and refinement [16]. Wang et al.
emphasize the importance of continuous training and evaluation of translation models to adapt to
evolving linguistic patterns [17]. Additionally, advancements in neural machine translation models [18],
Natural Language Understanding systems [19], and speech recognition technologies [20] have
significantly contributed to enhancing translation accuracy and fluency.
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Quality assurance protocols play a crucial role in ensuring consistent and high-quality translations.
Callison-Burch et al. discuss the development of standardized evaluation metrics for translation quality
[21], while Bahdanau et al. advocate for the establishment of feedback loops and user feedback
mechanisms [22]. Through case studies and real-world implementations, researchers have evaluated the
efficacy of these quality control frameworks. For instance, Yang et al. analyzed quality control
frameworks in live call translation platforms, while it examines their impact on user satisfaction
levels [23].

Looking ahead, researchers acknowledge the need for continued advancements in quality control
mechanisms [24]. Ethical considerations in Al-driven solutions for translation, highlighting the
importance of transparency and accountability. Additionally, scalability challenges and the need for
standardized evaluation metrics remain areas of focus for future research [25].

Ogundokun et al. developed an android-based language translation application that enables
translating between the most widely spoken global languages like English, Spanish, French, Hindi,
Arabic, and Chinese [26]. The application utilizes Google's real-time translation API and natural
language processing techniques implemented using Java. The system allows users to input text or
capture images containing text, which are then translated to the selected target language using IBM
Watson's Language Translator service running on the cloud [26]. The application was evaluated for
accuracy, translation time, memory usage, and battery impact, demonstrating promising performance.

METRICS FOR MULTILINGUAL MODELS’ EVALUATION
BLEU (Bilingual Evaluation Understudy)

BLEU compares machine-translated text against one or more reference human translations and
calculates the geometric mean of n-gram precision scores [27]. Despite its widespread use, BLEU has
been criticized for its limitations in capturing semantic equivalence and adequacy [28].

TER (Translation Edit Rate)

TER measures the number of edits (insertions, deletions, substitutions, and shifts) required to
transform the machine translation output into an acceptable reference translation [29]. Lower TER
scores indicate better translation quality, and the metric has been found to correlate well with human
judgments of translation quality [30].

METEOR (Metric for Evaluation of Translation with Explicit Ordering)

METEOR considers not only the overlap of words but also their ordering and matching of phrases
[31]. It combines several features, including precision, recall, and fragmentation penalties, and has been
shown to correlate better with human judgments than other metrics like BLEU [32].

Word Error Rate (WER)

WER is a widely used metric for evaluating the performance of Automatic Speech Recognition
(ASR) systems employed in live call translation [33]. It measures the editing distance between the
hypothesized text (ASR output) and the reference transcription, considering insertions, deletions, and
substitutions. Lower WER values indicate better speech recognition accuracy.

DRAWBACKS OF EXISTING TECHNIQUES

The extensive body of research on live subtitling, translation memories, and emerging technologies
for real-time translation unveils several areas ripe for further exploration and refinement. While existing
studies have diligently examined the efficacy of live subtitling and translation memories in widely
accessible contexts such as news broadcasts and conferences, there remains a noticeable gap in
understanding their applicability in more specialized domains like legal proceedings or medical
consultations. Exploring these niche areas could provide invaluable insights into tailoring translation
solutions to meet specific communication needs and challenges.
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Moreover, the ongoing development of Simultaneous Speech Translation (SimulST) models
represents a promising frontier in real-time translation technology. However, to fully realize their
potential, it is imperative to enhance their robustness and adaptability. This entails the refinement of
decision-making algorithms to navigate the complexities of real-world translation scenarios and the
integration of broader contextual cues beyond token-level information. By incorporating a deeper
understanding of context and discourse dynamics, SimulST models can produce more accurate and
contextually relevant translations, particularly in dynamic conversational settings.

In parallel, the optimization of user experience and interface design in platforms like the MeetDot
system is critical for fostering seamless interaction and effective communication. As real-time
translation technologies become increasingly integrated into daily communication channels, prioritizing
user-centric design principles can enhance accessibility and usability, ultimately improving the overall
efficacy of cross-lingual communication.

Finally, as real-time translation technologies continue to evolve, it is essential to consider the ethical
and social implications associated with their deployment. This includes ensuring transparency,
accountability, and fairness in the development and implementation of translation systems, as well as
addressing issues of data privacy and equity in access to translation services across diverse linguistic
communities. By proactively addressing these ethical considerations, researchers and practitioners can
mitigate potential risks and maximize the positive impact of real-time translation technologies on global
communication and understanding.

CONCLUSION

The study presents a comprehensive overview of methodologies and technologies employed in live
call translations, highlighting their significance, challenges, and potential for advancement. The practice
of live subtitling, or "respeaking", and the utilization of translation memories emerge as fundamental
techniques, offering solutions for real-time translation needs in various contexts. Live subtitling, with
its ability to accommaodate rapid speech delivery and its applications beyond broadcasting, demonstrates
effectiveness in enhancing accessibility and fostering cross-cultural communication. However,
challenges such as rapid decision-making and reliance on speech recognition technology underscore the
need for continuous improvement.

The introduction of context-aware translation models represents a significant advancement in
addressing these challenges. By dynamically adjusting translation output based on contextual cues,
these models promise to revolutionize live call translations by ensuring accuracy, naturalness, and
context relevance. Additionally, consecutive interpretation offers a deliberate approach, enabling
translators to provide accurate and contextually appropriate translations, especially in complex or
nuanced scenarios.

Furthermore, the Simultaneous Speech Translation (SimulST) model and the MeetDot system
highlight innovative technologies aimed at improving real-time translation accuracy, latency, and user
experience. These advancements, coupled with ongoing research in areas such as Neural Machine
Translation (NMT) and multilingual models, signal promising prospects for the future of live call
translations.

Overall, the survey underscores the importance of adapting methodologies and technologies to meet
the evolving demands of live call translations while addressing inherent challenges. By leveraging
advancements in technology and incorporating insights from interdisciplinary research, the field is
poised to enhance the quality, efficiency, and accessibility of real-time translation services, ultimately
fostering effective communication across linguistic boundaries.
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